Abstract: Most multimedia applications involving auditory displays for digital video contents rely on audio signal processing and conventional stereo loudspeakers to create sound images on the screens. Although a number of examples of these techniques have been reported in the literature showing successful results for narrow listening areas, it seems that the configuration of the loudspeakers plays a significant role when correct sound image localization is desired at wider sound fields. This paper presents a new loudspeaker design that enhance the localization of sound images on the surface of a flat screen for users distributed in a wide area. A preliminary validation of the design was performed numerically using boundary element methods, and experimentally using a prototype model. The results show that, in spite of its simplicity, the design effectively alters the radiated sound field so as to expand the listening area.
INTRODUCTION
In most multimedia applications involving digital contents on flat screens, auditory displays have been provided by the use of spatially separated stereo loudspeakers. In general, these loudspeaker arrays aim to creating the illusion of an auditory event (known as sound image) that a listener interprets as taking place at some point in space. For example in audio-video applications such as videoconference, it is usually desired to create an illusion of sound coming from the images projected on the screen. Although these kinds of sound images can be successfully achieved with ordinary boxe-shape stereo loudspeakers, the listening area in which the sound images can be accurately perceived is confined to the space delimited by the loudspeaker set as Fig. 1(a) shows. Their failure to equally reproduce sound images out of that scope can be mostly attributed to the so-called precedence effect, which states that a listener perceives a single sound image located at the nearest sound source (among multiple sound sources radiating sound with the same intensity) as long as the delay between the sounds that arrive to his ears is between about 1 and 50 ms [1] . While previous research has experimentally shown that this psychoacoustic phenomenon plays an important role in the process of sound localization in humans [2] , it represents a problem in stereo reproduction systems.
A number of signal processing-based techniques have been developed to achieve expansion of the listening area. One example is the stereo reproduction system proposed by Ródenas et al. [3] , which employs two loudspeakers at each side of the stereo configuration. In this approach, the directivity pattern of the loudspeaker array is controlled by stereo signals processed with filters whose coefficients were estimated according to psychoacoustical responses of the human ear. A similar stereo system was introduced by Aoki et al. [4, 5] , who used two sets of three loudspeakers placed at the sides of a rectangular videoconference table.
With this setup, a listener can perceive a sound image at the center of the screen by the combination of the sound coming from the nearest loudspeaker set and the sound from the inner loudspeaker of the opposite-side loudspeaker set. Other approaches employ a number of loudspeakers collinearly arranged to create sound images on the display panel in front of the audience [6] . These approaches have shown improvements in applications where the target audience are distributed as in Fig. 1(a) . If complex scenarios, such as immersive environments, are considered, they face new limitations since the audience is allowed to move within the target space. In such a case, the configuration of the loudspeakers becomes as important as the audio signal processing involved to reproduce the desired sound images. Nonetheless, the work on new designs of loudspeakers to aid the localization of sound images has been scarce.
In this paper, a simple, yet effective, loudspeaker design to improve the localization of sound images on the surface of flat display panels is presented. The underlying idea of the proposed design is presented in more detail taking as an example one of the display panels used in the immersive videoconference system called t-Room which was intoduced in Refs. [7, 8] . Furthermore, the performance of the design is demosntrated by computer simulations, and validated with preliminary experiments.
A LOUDSPEAKER DESIGN FOR LARGE SCREENS
Most conventional stereo loudspeaker systems included with commercial display panels, consist of independent units placed at the lateral sides of the display, facing to the audience, as illustrated in Fig. 1(a) . In contrast, the proposed loudspeakers are attached to the edges, facing into the panel as shown in Fig. 1(b) . In this configuration, the loudspeaker drivers are mounted on L-like rigid structures (referred as rigid barriers hereafter) which block the radiation of sound to specific areas and, thus, acting as attenuators of sound intensity as a function of the listening angle. The idea is, indeed, to mechanically modify the sound radiation pattern of the overall system in a way to allow listeners distributed over a wide area, to equally perceive the sound images located on the surface of the panel. For such a design, two fundamental conditions are assumed: (1) the input signals to reproduce each sound image, come from monaural sources (i.e., one signal per source). (2) the surface of the panel is flat and hard.
Under these assumptions, let us suppose that a sound image is rendered at the center of the panel. If the loudspeakers are excited with similar audio signals (identical amplitude and zero phase), the sound radiated from both sides of the panel arrive at the same (or nearly the same) time and intensity to the listener B through direct paths as in conventional stereo loudspeakers. At the asymmetric areas (A and C), although the sound of the closest loudspeaker arrives first to listeners A and C respectively (through indirect paths by diffraction on the edges of the rigid barriers), its intensity is attenuated by the barriers to a lower level compared to that of the sound from the opposite side (which arrives through a direct path). Therefore, by contrasting this supposition with the concept of the precedence effect, the hypothesis that follows is: as the sound from the closest loudspeaker has been reduced, the sound from the opposite-side loudspeaker remains unmasked by that of the closest, therefore, the influence of the precedence effect is decreased leading to an improvement of sound image localization by listeners A and C, as well as listener B. This hypothesis is further analyzed with the help of numerical simulations. Let us finally highlight that the simplicity of the design allows its installation on any panel satisfying the assumptions stated before. Moreover, for an specific size of target audience, the dimensions of the rigid barriers should be considered as an optimization processes during the acoustic design.
NUMERICAL SIMULATIONS
The hypothetical loudspeaker design was first analyzed with numerical simulations using boundary element methods (BEM) [9] [10] [11] , and making a decomposition of the acoustic domains by following a formulation similar to that described in Ref. [12] , which is briefly discussed here.
Theoretical Model
Consider the concave body of Fig. 2 whose opening defines two subdomains, interior À 1 and exterior À 2 , filled with compressible media in which 1 , c 1 and 2 , c 2 represent the density and the speed of sound at the interior and exterior, respectively. In a steady state analysis with a harmonic wave of angular frequency !, the sound pressure p Q at any point Q in À 1 or À 2 , satisfies the Helmholtz-Kirchoff integral equations in a three dimensional space: for Q in À 1
where p S i and v S i are the sound pressure and particle velocity at the i-th surface (boundary); ¼ e À jkr =4r is the Green's function, with j ¼ ffiffiffiffiffiffi ffi À1 p , and r ¼ jr S À r Q j the distance between Q and a point on any of the S i 's; @ =@n is the partial derivative of with respect to the normal vector n pointing away from the domain of interest. C Q is a constant value that depends on the solid angle in which Q sees a surface S i . In the special cases where Q is located on a smooth surface, C Q ¼ 1=2, and when Q is inside the domain (i.e. in À but not on S), C Q ¼ 1.
Proceeding with a mathematical development similar to that in Refs. [10, 11] , it can be demonstrated that meshing the surfaces with M elements, N nodes, and matching the point Q with each node of the mesh (collocation method), the Eqs. (1) and (2) can be transformed to the matrix form
respectively, where p S i ; v S i 2 C N are vectors of the sound pressures and particle velocities at the nodes. For constant interpolation functions of the mesh elements and one collocation node (e.g. at the centroid), M becomes M ¼ N, and the entries of the matrices A; B 2 C NÂN are computed
. . . ; N, and k ¼ 1; 2 depending on which subdomain is being integrated.
When Neumann boundary conditions are prescribed to some elements of the mesh, for example those corresponding to loudspeakers, Eqs. (1) and (2) can be further expanded to
wherev v S i , " v v S i denote the unknown and known particle velocities respectively, andB B S i , "
B B S i their coefficients taken from the corresponding B S i 's.
Define an imaginary interface boundary, S 3 (see Fig. 2 ), where the boundary conditions must satisfy continuity of the parameters p S and v S . Therefore,
In the case where À 1 and À 2 are filled with the same homogeneous medium, 1 ¼ 2 and Eq. (8) becomes
Similarly, in agreement with the convention of normal vectors, the normal components of particle velocities at S 3 are related by
or
Thus, substituting (9) and (11) in Eqs. (6) and (7), and rearranging into a global matrix equation, the unknown sound pressures and particle velocities can be found by solving the following linear system: Fig. 2 Theoretical model for the numerical simulations.
Note that, once the boundary parameters are known, the sound pressures at any point Q in either À 1 or À 2 , can be readily computed by substituting the corresponding boundary values in Eqs. (1) and (2).
Numerical Setup
In order to demonstrate the performance of the proposed loudspeaker design, its sound field was compared to that produced by a conventional stereo loudspeaker setup. For this purpose, two models of 65-inch LCD display panels with attached loudspeakers were built. In the first model (model A), conventional stereo loudspeakers were set at the sides of a panel as in Fig. 3(a) . The second model (model B) is a prototype of the proposed loudspeakers attached to the panel as illustrated by Fig. 3(b) . The structure of the panels in both models, and the frame of the loudspeakers in the model A, were considered as rigid boundaries. The interior face of the rigid barriers in the model B was prescribed as impedance boundary meaning that they are covered with an absorbent material. As for the sound source in both cases, the left-side loudspeaker vibrates harmonically with unitary particle velocity. For the model of Fig. 3(b) , only the mid-high left loudspeaker (ML) emits sound. The rest of them remain static and are considered as part of the rigid structure.
Both models were meshed using triangular isoparametric elements with a maximum side length of 0.042 m, resulting in models of 8,545 and 10,046 elements respectively, which allow simulations for the frequencies 250 Hz, 500 Hz, and 1 kHz, using 8 elements per wavelength.
Taking these settings, the amplitude of the steady-state sound pressure in the surrounding field was computed for a grid of points distributed along À0:5 m x 2 m and À1:5 m y 1:5 m, spaced by 0.01 m over the plane z ¼ 0, with the coordinate origin aligned to the center of the panel as shown in Fig. 3. 
Numerical Results
The results of the simulations are presented in Fig. 4 . The amplitude of the sound field produced by a conventional stereo loudspeaker setup can be appreciated in the left column, whereas the right column shows the amplitude of the sound radiated by the proposed loudspeaker design. Note in the scales that the sound pressure level (SPL) at all points in the field has been normalized taking as reference the sound pressure on the surface of the speaker (p S spk , i.e., the vibrating diaphragm) for each analysis frequency, as given by SPL = 20 logðjp Q j=j maxðp S spk ÞjÞ. Thus, 0 dB's corresponds to the maximum sound pressure on the speaker surface. Now, let us discuss these results. Consider three users located at the positions A, B and C as indicated in Figs. 1(b) and 4. Observe that as the left-side loudspeaker is sounding, the graphs of the left column of Fig. 4 show that in a conventional stereo setup the sound with highest and lowest level of intensity reaches point C and A, respectively. In contrast, the sound fields of the right column show that the sound has been redirected to achieve nearly the same level at points A and B while the sound that reaches C has been attenuated by the rigid barriers. Note, furthermore, that if the right-side loudspeaker is sounding instead, a symmetric effect of the sound fields is obtained in both cases, the conventional and the proposed design. Suppose again that a monaural sound image at the center of the panels is desired. When both loudspeakers radiate the same signal, the overall effect is the superposition of the sound fields radiated from the left and right loudspeakers. Therefore, a listener located at point B is able to localize a central sound image since the sounds that reach his ears have similar intensities. On the other hand, this does not happen with the listeners located at A and C (or any others located off the symmetrical axis of the stereo setup) because the sounds arrive at different times and intensities. In a conventional stereo setup, those listeners will perceive sound images shifted to the nearest sound source due to the precedence effect. But in the proposed design, the simulations show that the rigid barriers effectively provide attenuation of sound intensity as a function of the listening position, thus reducing the effect of the farthest sound source being masked by the nearest one. Consequently, this balance of sound intensities is expected to yield a more accurate perception of a sound image localized on the panel and within a wider listening area.
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VALIDATION OF THE DESIGN
Experimental Setup
The experimental validation of the proposed design was performed using a prototype with a rigid flat panel (referred as dummy panel in what follows) made of wood, simulating an LCD screen. This experimental prototype was built with the same dimensions as the one in Fig. 3(b) . The actual setup for the experiments is illustrated in Fig. 5(a) which shows the dummy panel in a semi-anechoic room.
The experiments were divided into four series of measurements. For each series, the sound pressure (in dB's referred to 20 mPa) was measured with a microphone attached to a Sound Pressure Level meter RION NL-32, while a PC sound interface RME Fireface 400 outputed a monaural pure tone of frequency f and zero phase, to drive the pair of mid-hight loudspeakers (ML and MR). The details of the measurements and results of each experiment are described in the following paragraphs.
Experiment 1: Sound Pressure on an Axis
Measurement conditions
The purpose of the first experiment is to verify the accuracy of the predictions made with the numerical model in relation with the experimental panel in the semianechoic room. Thus, the physical parameters considered for this experiment are the amplitude and phase of the sound pressure measured along the axial line normal to the center of the dummy panel (the x axis of the coordinate system shown in Fig. 5(a) ), at the frequencies f 1 ¼ 250 Hz, f 2 ¼ 500 Hz and f 3 ¼ 1 kHz. On this line (segment AB in Fig. 5(b) , where AB ¼ 1:5 m), a total of 30 measurement points were equally spaced by 5 cm. Moreover, the phase of the sound pressure at each point was estimated by taking as reference the output signal of the loudspeakers.
Results and discussion
The results are presented in Fig. 6 where the amplitude and phase of the sounds are shown. Although a satisfactory agreement between the predicted and the experimental data can be argued from these plots, there are some observations to point out: 1) a discrepancy between the predicted and measured data, larger than 3 dB, can be appreciated in Fig. 6(a) noise coming from the structure of the room is introduced; 2) at 500 Hz and 1 kHz, minima of the sound pressure (indicated by dark arrows in Figs. 6(b) and 6(c)) become visible at certain distances from the panel. It turns out that the first minimum in both cases appears roughly at 3 2 2 and 2 3 , where n ¼ c= f n is the wavelength of the n-th test frequency. Moreover, after the first minimum in Fig. 6(c) , the next minima are nearly equally spaced by 1 2 3 . These data suggests the presence of an standing wave as a result of the portion of sound energy not absorbed by the walls of the experimental room whose lateral wall (parallel and in front of the surface of the panel) is at a distance of 2.1 m, which is approximately 3 2 1 , 3 2 and 6 3 from the dummy panel. While a free field has been considered in the simulations, the effect of the walls in the experimental room was inevitable.
Experiment 2: Directivity
Measurement conditions
The radiation of sound from the panel over a wide area was already demonstrated by the simulations shown in Fig. 4 . In practice, however, the directivity pattern of the proposed loudspeaker design was investigated by performing measurements of the sound pressure around the dummy panel, on the semi-circumference À90
90
, z ¼ 0, taking the x axis from the coordinate system defined in Fig. 5(a) , as the reference ¼ 0 , while only the mid-hight left loudspeaker (ML) emitted a tone of 250 Hz, 500 Hz and 1 kHz at a time. As shown in Fig. 5(b) , all the measurements were taken at a radius of 0.65 m from the center of the panel and stepped by 10 degrees.
Results and discussion
The effect of the attenuation introduced by the rigid barriers, as a function of the angular position, can be better appreciated in Fig. 7 where the predicted and experimental data are close. Notice that making a comparison of these plots with the sound fields shown in the right column of Fig. 4 respectively, a similarity between the radiation patterns can be observed. Because of this similarity, one can assume that the dummy panel is effectively radiating sound into the space as predicted by Figs. 4(b), 4(d) , and 4(f), which is in agreement with the idea of the design exposed in section 2. Moreover, Fig. 7 suggests that the directivity achieved by the panel depends on the frequency as well. This fact introduces an optimization problem in which an optimum tradeoff between the dimensions of the rigid barriers and the directivity for an specific frequency band has to be found.
Experiment 3: Frequency Response
Measurement conditions
In this experiment, measurements of the sound level were performed at three points: 1) close to the panel, 2) at a mid distance on the central axis, and 3) at the lateral area, as indicated in Fig. 5(b) by the points C, D and E. Considering the coordinate system depicted in Fig. 5(a) f 4 kHz. Furthermore, for comparison purposes, the mesh of the numerical model used in section 3 was refined to achieve a maximum element size of 0.028 m, which gives room for the computation of sound pressure up to 2 kHz. On the other hand, 200 Hz is the lowest limit imposed by the frequency characteristics of the experimental loudspeakers. Figure 8 shows the frequency responses at the test points C, D, and E. According to the experimental data, the panel radiates considerably less acoustic energy at lower frequencies with an attenuation rates of at least 18 dB/oct (at point E), and 37 dB/oct in the worst case (at point C), as indicated by the fitted line. This highpass-like effect was originally attributed to the frequency characteristics of the experimental loudspeakers, however, let us compare these data to that numerically predicted. Although there exist some peak mismatches between the experimental and the predicted curves due to the imperfect sound absorption of the experimental room, a closer observation reveals similar tendencies particularly at the low frequency range where both exhibit large attenuation, implying that the design itself possesses a highpass behavior. Therefore, in the case that this effect produces difficulties of speech comprehension in the reproduction, a pre-equalization step can be applied to the signals before being outputted. Or as an alternative solution, complementary loudspeakers can be attached to the bottom and/or the top of the panel to boost the low frequency band. For the last validation test, the SPL was measured at a total of 49 points distributed on a grid as close as possible to the surface of the dummy panel, while the loudspeakers emitted a tone of 500 Hz. Figure 9(a) shows the front face of the dummy panel together with the grid whose intersections indicate the measurement points. Once again, taking the convention of the coordinate axes adopted in Fig. 7 , which were performed with only one sounding loudspeaker. II) the interference pattern on the surface of the panel, when both loudspeakers are sounding, is produced not only on the horizontal plane but also spans the surface vertically. Hence, assuming that this vertical pattern expands also into the radiated sound field, these results suggest that the sound image can be perceived also by listeners standing at different heights within the listening area. To support this idea, the sound pressure on the the vertical plane (y ¼ 0) which passes through the center of the panel has been computed numerically for f ¼ 500 Hz. Thus, Fig. 10 shows in a 3D perspecitve, the meshed model of the dummy panel together with the sound pressure amplitude along the plane y ¼ 0 where dotted lines have been placed over for better appreciation of the radiated pattern. This complementary simulation shows that, indeed, the interference patter produced on the surface of the panel is radiated into the vertical sound field as well, when the panel is setup in free field.
Results and discussion
CONCLUSIONS
A new loudspeaker design to improve the localization of sound images on the surface of display panels was introduced. In spite of the simplicity of the new design, the numerical simulations and the preliminary validation experiments showed that the positioning of the loudspeakers, together with the attachment of rigid barriers, effectively modifies the radiated sound field so as to attenuate the sound level at specific areas. Thus, the fundamental idea of the design is to mechanically altere the radiation patter of the overall structure so as to reduce the influence of the precedence effect which often produces a shift of the sound images towards the closest loudspeaker in the conventional stereo configurations. Therefore, the new design is expected to improve the localization of monaural sound images, regardless the position of the listeners in front of the display panel. Moreover, during the experiments, it was further found that the expansion of the listening area is also achieved in the vertical plane (as confirmed by numerical simulations as well), suggesting that the sound image can also possibly be perceived by listeners at different heights. Finally, the vertically-aligned display panel taken here as prototype is an example of application from the t-Room project. Nevertheless, the installation and principles of the proposed design are applicable to any other panel as long as it is flat, hard, and the dimensions of the rigid barriers are optimized accordingly. 
